Abstract. Nowadays most of factories use non-linear loads, such as VSD (Variable Speed Drive), rectifier, UPS system, computer, etc. They cause the harmonics and will be reduce the cost of power quality in the electric distribution system. Harmonics also influence the performance of the loads, which is used in that system.To reduce the harmonics in the system, we applied active filter by using a DSP card that connected with a PC. A sinusoidal waveform distorted with the harmonics will be processed, by using LabView 7 software, so the harmonics could be reduce or eliminated.By using DSP card, the harmonics which appear in the system, caused by of non-linear loads usage, can be reduced until 25 th harmonics, so the cost of the power quality in that system will increased. In this case, we using a Sheldon Instrument's DSP Card, SI-C33DSP-PCI, which is plugged by an analog I/O module, SI-MOD68xx, which is used for signal processing inside the computer. Furthermore, we must add a library for LabView 7, called QuVIEW, which is used to operate that DSP card.From the anlaysis that have been done, we can take a conclusion, the cost average of eliminated harmonics in distorted waveform is up tu 80%. Which on pure triangle waveform, cost of %THD decreased from 13.4376% become 3.12239%
Introduction
The use of non-linear load such as electronic equipment, VSD (Variable Speed Drive), rectifier, UPS system, computer, television, low energy lamp or fluorescent lamp, photocopy machine and many others have increased and varied. Non-linear load will produce such wave that flows into the electric power system, thus causes particular defect in the wave system. This phenomenon is called harmonic distortion. The harmonic effect in the electric power system depends on the source and the location of that harmonic. Harmonic in electric power system can cause some unwanted effects, namely the electronic equipment have rapidly heated and reduced life-time, even can break the equipment, interference signal (e.g. noise in phone line) and over voltages. In a simple word, harmonic distortion decreases the efficiency of the electronic equipment that economically affects the increasing of its maintenance cost.
In order to decrease the harmonic distortion, it generally uses a filter, such as passive, active, and hybrid filter. Active filter has certain advantage compared to the passive and hybrid filter. Active filter is created by using Digital Signal Processing (DSP) card connected to the computer. It is such a very effective way to reduce the harmonic distortion in a power distribution system.
Harmonic
Harmonics is a change in voltage and current wave forms that interferes the electrical distribution system and reduces the quality of the electrical power system. A defect in a sine wave is caused by the interaction between sinus waveform system and other wave which is called harmonic. Harmonic is another wave components with integer multiple frequencies of its fundamental frequency. 
A. Harmonic Filter
Harmonic filter is used to reduce harmonics trouble that can spread harmonic current to other parts of an electrical system. Besides, the use of harmonic filter in its fundamental frequency can compensate the reactive power and improve the power coeficient into the average of 0.80-0.94.
The quality of a filter (Q) denotes the tune sharpness. In filter tuning, the quality of the filer (Q) can be defined as a comparison of the impedance (inductance/capacitance) to the resistance in its resonance frequency. That quality is best described by equation below: (2.7)
B. The Principle of the Active Filter
The function of active filter is to eliminate harmonic waves from the power supply as an effect of non-linear load in electrical distribution lines. There are some processes used to make an active filter. The scheme in figure 2 explains the working principle of active filter: I F is net current, I L is load current containing fundamental current and harmonic, while I h is filter current similar to harmonic current in I L . Simply, it can be formulated I F =I h +I L . The active filter has to inject the minus current (-I h ) so that I F = I L . Active filter will detect changes in the fundamental sine wave then send a wave to reduce the wave in that fundamental wave. 
Method
DSP card has many functions to be selected as needed so that the function of the program that can be used to form an ideal active filter will not be expanded. Ideal means the ability to directly control and monitor the use of the filter. However, the use of the DSP card functions is limited by its memory, the more complex a program, the greater the memory used to run that program. Therefore, the program is designed according to the function and working principle of the active filter.
Some important parts in this program are the establishment of the fundamental signal processed, the calculation of the power spectrum, filter making, and the process of removing these signals through the analog I/ O.
Program made by using DSP card is merely to produce certain wave that will neutralize harmonic wave
in electric distribution lines. Some stage to be tested is the ability analog I/O module to pull out the waves by using a program, then that wave will neutralize the harmonic wave. Some important parts in this program are the establishment of the fundamental signal processed the calculation of the power spectrum, filter making, and the process of removing these signals through the analog I/O.
Figure 3 Flowchart ofActive filter Program
Below are the testing procedures.
Firstly,input signal is made by combining some sinusoidal waves with different frequencies that make up the multiples 3, 5, 7, 9, 11 etc. from the fundamental frequency. The scheme is described in Figure 3 . Secondly, use triangle and square waves as the ideal waves to describe the harmonic in a distribution line. If we analize a triangle or square wave with certain frequency and amplitude by using Fourier transformation and its result is included in the graph, thus we will find that there are several frequency signal that has smaller amplitude value than the actual, namely in the frequency that make up the multiples 3, 5, 7, 9, etc. towards the fundamental frequency. Wave that contains those multipled frequencies is harmonic wave or harmonic distortion. This wave will be processed by the active filter to return to the standard fundamental wave. Here is the shape of the signal produced by the analog module I/O in the DSP card that its results can be pulled out and checked by using oscilloscope. Signal making does not always use sine signal or sawtooth or pure triangular. Those making process can also be added certain noise, in this case there will be tested additional white gaussian noise in a signal. Generally, its amplitude value will be higher than any other frequencies. This will be shown in data analysis process.
Figure 7 Block diagram of FFT in triangle signal
Third stage is filtering. In this stage, fundamental stage is separated from other additional waves that caused harmonic. The separation results in two components namely fundamental and harmonic cause waves. This process uses harmonic cause wave to continue to the next process. Filtering process is descibed in figure 5 .
Figure 8 Block diagram of filtering in triangle signal
Forth stage is reversal and calculation. In this process, wave produced by filtering process will be inverted or multiplied with minus one (-1). As a result, there is a wave whose value is inversely proportional to the value of harmonic cause wave in the source. As it seen in figure 6 , that negative wave is calculated to the source wave and resulted output signal which is similar to pure sine signal. Figure 9 Block diagram of inversing process of filtering on triangle signal
Final stage. The calculation of the total precentage of harmonic distortion (%THD) and individual harmonic distortion (% IHD). This process is done twice, on pure triangle wave at first and the second is on the output wave from the active power filter process. It is done to get the comparison of the harmonic value before and after getting into this process. The final filtering process is described on figure 10 . 
Results And Discussions
In this experiment, block diagram has been designed so that wave resulted from a program can be taken out through the analog module I/O in the DSP card and be analized by using oscilloscope. The shape of the signal is shown in figure 11 . Figure 11 The measurement results by using oscilloscope The analysis is used to consider the most ideal wave in order to be used in system analysis. Waves that will be tested are the general ones, such as square wave, triangle wave, and sawtooth with its harmonic values. The result finds that triangle and square wave have such characteristic that is in accordance to a harmonic wave where there is another wave component with multiplication 3, 5, 7, 9, etc. from the frequency of its fundamental wave, that is 50Hz. However, harmonic wave in sawtooth wave has multiplication 2, 3, 4, 5, 6, 7, etc. Therefore, this wave is not suitable to be simulated in this active power filter. In this experiment, it is used triangle wave that contains harmonic spectrum. Its harmonic then will be reduced by the active filter controlled by the DSP. Harmonic spectrum of triangle wave is shown in Figure  12 .
Figure 12 Triangle wave and its harmonic values

A. The Calculation of Fast Fourier Transform (FFT)
The calculation of Fast Fourier Transform (FFT) is designed to analize the harmonics in a signal comes from the source by using triangle wave. This based on the wave characteristic that has value in multiplication frequency or harmonic orde 3, 5, 7, etc depends on signal amplitude which is similar to harmonic wave characteristic in a network system.
In this analysis, there will be a calculation on triangle signal with frequency 50Hz and amplitude value is 2. The analysis is going to find the fundamental value of that wave, the harmonic wave of that signal and calculate the precentage of the total harmonic distortion (%THD). The precentage of total harmonic distortion (%THD) is used as a reference to determine whether the final signal after the filter has a better quality or not. Also, it will be proved whether the filter can run well or not. By using program Lab VIEW, FFT value will be counted as shown in Figure 13 . In figure 12 , it is shown that the signal has fundamental frequency for about 50Hz, harmonic wave frequency for about 3, 5, 7, and 9; or on frequency 150Hz, 250Hz, 350Hz, 450Hz. The amplitude of each frequency is different with the value of the spectrum, so there is a calculation to detect and find the amplitude. We can see in on Table 1 . The value of %IHD is obtained from the comparison of the RMS value which is from fundamental wave as the first harmonic wave and the RMS value from the wave that sought, for instance the 2 nd , 3 rd , 4 th , 5 th , etc harmonic wave, multiplied by 100%.
%IHD n = I n /I 1 * 100% (3) where: I n = RMS value from harmonic component I 1 = RMS value from fundamental component
B. Filtering Process and the Calculation
Filtering process can be done only after we analize and know the amount of harmonic wave of a source signal, so we can consider the filter limitation used. If we know signal that is going to be analized has fundamental wave for about 50Hz, so the harmonic inverting wave should have frequency more than the fundamental wave. By looking at the data, the signal then has frequency above 100Hz. If we look at the spectrumk figure, it is assumed that the RMS value on a wave between 50Hz and 100Hz near zero or nothing at all. Filter used is highpass filter with limitation of 100Hz.
On Figure 15 , we get certain result from a filtering process and multiplied with minus 1 (-1) to get the harmonic inverting signal. That harmonic inverting signal is immediately inserted with source signal in order to get signal shape that resembles a pure sine signal. This signal is assumed as a signal that will getting into the loads attached to the network. Figure 15 The graph of highpass filter result and inverting value of triangle wave Figure 15 shows triangle wave that has been distoted is being made into a deformed sine wave. That wave is used as its opposite. After passing through the filter active, so the filter active controlled by the DSP will separate the harmonic wave to its fundamental wave. Afterwards, that harmonic wave will be eliminated by the DSP so output of the deformed wave becomes perfect is as shown in figure  16 . Figure 16 Output graph of triangle wave after filtering process
The last stage to be done is counting the %THD on the last wave whether the filter can run and function well. By comparing the results of calculation on Table  1 and Table 2 , the value of %THD before and after filtering process on the signal and harmonic, so it can be concluded that output signal resulted from active filter has better quality than the input signal. The %THD is reduced until 77% from its original value, which is from 13.4% become 3.1%. If we refer to table limit of harmonic distortion, so it is concluded that filter can get over and reduce the harmonic in particular distribution network. The experiment of triangle wave with noise. To get a maximum result, the experiment is done by using triangle wave that has particular noise. By using LabVIEW program, we get FFT of triangle wave with noise on LabVIEW as seen on Figure 17 and the result is in Table  3 , the total of harmonic distortion is about 15.1%. It is then made a deformed sine wave as seen on Figure 18 . This wave will be processed through the active filter controlled by DSP. After passing the DSP, the distorted wave will be filtered or reduced. The output is the perfect sine fundamental wave as shown in Figure 19 . By taking the data on Figure 17 , we can count the %IHD of each harmonic wave as listed in Table 3 . The table shows the harmonic change following the harmonic orde. Total of harmonic distortion is 15.1%. Distorted wave will be eliminated by the active filter and the result is in Figure  19 and 20, and Table 4 , which shows the harmonic reduction that %THD is reduced up to 78%, from 15.1% becomes 3.4%. Figure 17 Output graph of triangle wave with noise after filtering process Figure 18 Graph of harmonic value and %THD of triangle wave with noise before and after filtering process 
Conclusion
1. If the wave is being connected with the signal source outside the PC, so analog wave that can be received and tranceived is ±10Vp. While the number of analog inputs and analog outputs that can be used depend on the type of modules used. In this case, we used SI-MOD6816-100-8DAC, where it can only be used for 16 analog inputs and 8 analog outputs.
2. The average of harmonic elimination on a wave distorted until 80% where on a pure triangle wave the %THD change from 13.4% becomes 3.1% . 3. The system can also be used to eliminate the harmonic wave with noise, the value is up to 80% where on the triangle wave with noise, the %THD change from 15.1% become sebesar 3.3%. 4. The amplitude wave resulted is bigger than the original wave. It is caused by a time shifting on a highpass filter process where the transceived signal is slower in a matter of millisecond. 5. System made depends on the memory in DSP card, the higher the value, the more complex and precies the system can be made.
